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57 ABSTRACT 

The performance of digital communication over a noisy 
communication channel is improved. An encoder combines 
bit modulation with error control encoding to allow the 
decoder to use the redundancy in the error control codes to 
detect uncorrectable bit errors. This method improves the 
efficiency of the communication System since fewer bits are 
required for error control, leaving more bits available for 
data. In the context of a speech coding System, Speech 
quality is improved without Sacrificing robustness to bit 
errors. A bit prioritization method further improves perfor 
mance over noisy channels. Individual bits in a Set of 
quantizer Values are arranged according to their Sensitivity 
to bit errors. Error control codes having higher levels of 
redundancy are used to protect the most Sensitive (highest 
priority) bits, while lower levels of redundancy are used to 
protest less sensitive bits. This method improves efficiency 
of the error control System, Since only the highest priority 
data is encoded with the highest levels of redundancy. The 
effect of uncorrectable bit errors is reduced by adaptively 
Smoothing the Spectral parameters in a speech decoder. The 
amount of Smoothing is varied depending upon the number 
of errorS detected during the error control decoding of the 
received data. More Smoothing is used when a large number 
of errors are detected, thereby reducing the perceived effect 
of any uncorrectable bit errors which may be present. 

14 Claims, 18 Drawing Sheets 
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DIGITAL TRANSMISSION OF ACOUSTIC 
SIGNALS OVER A NOSY 

COMMUNICATION CHANNEL 

This is a divisional of application Ser. No. 07/982,937, 
filed Nov. 30, 1992, now U.S. Pat. No. 5,517,511. 

BACKGROUND OF THE INVENTION 

This invention relates to methods for preserving the 
quality of Speech or other acoustic Signals when transmitted 
over a noisy channel. 

Relevant publications include: J. L. Flanagan, Speech 
Analysis, Synthesis and Perception, Springer-Verlag, 1972, 
pp. 378-386, (discusses phase vocoder-frequency-based 
speech analysis-synthesis System); Quatieri, et al., “Speech 
Transformations Based on a Sinusoidal Representation”, 
IEEE TASSP, Vol, ASSP34, No. 6, Dec. 1986, pp. 
1449-1986, (discusses analysis-synthesis technique based 
on a sinusoidal representation); Griffin, “Multiband Excita 
tion Vocoder”, Ph.D. Thesis, M.I.T., 1987, (discusses an 
8000 bps Multi-Band Excitation speech coder); Griffin, et 
al., “A High Quality 9.6 kbps. Speech Coding System”, Proc. 
ICASSP 86, pp. 125-128, Tokyo, Japan, Apr. 13-20, 1986, 
(discusses a 9600 bps Multi-Band Excitation speech coder); 
Griffin, et al., “A New Model-Based Speech Analysis/ 
Synthesis System”, Proc. ICASSP85, pp. 513–516, Tampa, 
Fla., Mar. 26-29, 1985, (discusses Multi-Band Excitation 
speech model); Hardwick, “A 4.8 kbps. Multi-Band Excita 
tion Speech Coder”, S. M. Thesis, M.I.T., May 1988, 
(discusses a 4800 bps Multi-Band Excitation speech coder); 
McAulay et al., “Mid-Rate Coding Based on a Sinusoidal 
Representation of Speech”, Proc. ICASSP85, pp. 945–948, 
Tampa, Fla., Mar. 26-29, 1985, (discusses the sinusoidal 
transform speech coder); Campbell et al., “The New 4800 
bps Voice Coding Standard”, Mil Speech Tech Conference, 
Nov. 1989, (discusses error correction in a U.S. Government 
speech coder); Campbell et al., “CELP Coding for Land 
Mobile Radio Applications”, Proc. ICASSP 90, pp. 
465-468, Albequerque, NM. Apr. 3-6, 1990, (discusses 
error correction in a U.S. Government speech coder); 
Levesque et al., Error-Control Techniques for Digital 
Communication, Wiley, 1985, (discusses error correction in 
general); Lin et al., Error Control Coding, Prentice-Hall, 
1983, (discusses error correction in general),Jayant et al., 
Digital Coding of Waveforms, Prentice-Hall, 1984, 
(discusses speech coding in general); Digital Voice Systems, 
Inc., “INMARSAT-M Voice Coder', Version 1.9, Nov. 18, 
1992, (discusses 6.4 kbps IMBETM speech coder for 
INMARSAT-M standard), Digital Voice Systems, Inc., 
“APCO/NASTD/Fed Project 25 Vocoder Description”, Ver 
sion 1.0, Dec. 1, 1992, (discusses 7.2 kbps IMBETM speech 
coder for APCO/NASTD/Fed Project 25 standard) (attached 
hereto as Appendix A). The contents of these publications 
(including Appendix A) are incorporated herein by refer 
CCC. 

The problem of reliably transmitting digital data over 
noisy communication channels has a large number of 
applications, and as a result has received considerable atten 
tion in the literature. Traditional digital communication 
Systems have relied upon error correction and detection 
methods to reliably transmit digital data over noisy chan 
nels. Sophisticated error coding techniques have been devel 
oped to Systematically correct and detect bit errors which are 
introduced by the channel. Examples of commonly used 
error control codes (ECCS) include: Golay codes, Hamming 
codes, BCH codes, CRC codes, convolutional codes, Reed 
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2 
Solomon codes, etc. . . . These codes all function by 
converting a set of information bits into a larger number of 
bits which are then transmitted across the channel. The 
increase in the number of bits can be viewed as a form of 
redundancy which enables the receiver to correct and/or 
detect up to a certain number of bit errors. In traditional ECC 
methods the number of bit errors which can be corrected/ 
detected is a function of the amount of redundancy which is 
added to the data. This results in a tradeoff between reli 
ability (the number of bit errors which can be corrected) 
versus useable data rate (the amount of information which 
can be transmitted after leaving room for redundancy). The 
digital communication designer typically performs a Sophis 
ticated System analysis to determine the best compromise 
between these two competing requirements. 

The reliable transmission of Speech or other acoustic 
Signals over a communication channel is a related problem 
which is made more complicated by the need to first convert 
the analog acoustic Signal into a digital representation. This 
is often done by digitizing the analog signal with an A-to-D 
convertor. In the case of speech, where an 8 bit A-to-D 
convertor may Sample the Signal at a rate of 8 kHz, the 
digital representation would require 64 kbps. If additional, 
redundant, information must be added prior to transmission 
acroSS the channel, then the required channel data rate would 
be significantly greater than 64 kbps. For example, if the 
channel requires 50% redundancy for reliable transmission, 
then the required channel data rate would be 64+32=96 
kbps. Unfortunately this data rate is beyond what is practical 
in many digital communication Systems. Consequently Some 
method for reducing the size of the digital representation is 
needed. This problem, commonly referred to as 
“compression', is performed by a signal coder. In the case 
of Speech or other acoustic Signals a System of this type is 
often referred to as a speech coder, voice coders, or simply 
a Vocoder. 
A modern Speech coder performs a Sophisticated analysis 

on the input Signal, which can be viewed as either an analog 
signal or the output of an A-to-D converter. The result of this 
analysis is a compressed digital representation which may be 
as low as 100 bps. The actual compressed rate which is 
achieved is generally a function of the desired fidelity (i.e. 
speech quality) and the type of speech coder which is 
employed. Different types of Speech coderS have been 
designed to operate at high rates (16-64 kbps), mid-rates 
(2-16 kbps) and low rates (0–2 kbps). Recently, mid-rate 
Speech coderS have been the Subject of renewed interest due 
to the increase in mobile communication Services (cellular, 
Satellite telephony, land mobile radio, in-flight phones 
etc . . . ). These applications typically require high quality 
Speech at mid-rates. In additions these applications are all 
Subject to Significant channel degradations including in high 
bit error rates (BER) of 1-10% and multipath fading. (Note 
the problem of bit errors is present to Some extent in all 
digital communication and Storage applications. The mobile 
communication example is presented due to the Severity of 
the problem in the mobile environment) 
AS discussed above, there are numerous Speech coding 

methods which have been employed in the past. One class 
of Speech coders which have been extensively Studied and 
used in practice is based on an underlying model of Speech. 
Examples from this class of Vocoders include linear predic 
tion vocoders, homomorphic Vocoders, sinusoidal transform 
coders, multi-band excitation Speech coders, improved 
multi-band excitation Speech coderS and channel VocoderS. 
In these vocoders, Speech is characterized on a short-time 
basis through a set of model parameters. The model param 
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eters typcially consist of Some combination of Voiced/ 
unvoiced decisions, voiced/unvoiced probability measure, 
pitch period, fundamental frequency, gain, Spectral envelope 
parameters and residual or error parameters. For this class of 
Speech coders, Speech is analyzed by first Segmenting 
Speech using a window Such as a Hamming window. Then, 
for each Segment of Speech, the model parameters are 
estimated and quantized. 

In noisy digital communication Systems, the traditional 
approach is to protect the quantized model parameters with 
Some form of ECC. The redundant information associated 
with the ECC is used by the receiver to correct and/or detect 
bit errors introduced by the channel. The receiver then 
reconstructs the model parameters and then proceeds to 
Synthesize a digital Speech Signal which is Suitable for 
playback through a D-to-A convertor and a speaker. The 
inclusion of error control capability allows the receiver to 
reduce the distortion and other artifacts which would be 
introduced into the Synthesized speech due to the presence 
of bit errors in the received data. Unfortunately, with any 
error control code, there is Some probability that too many 
errors will be introduced for the receiver to correct. In this 
case the remaining bit errors will affect the reconstruction of 
the model parameters and possibly introduce significant 
degradations into the Synthesized speech. This problem can 
be lessened by either including additional error control 
codes, or by including additional error detection capability 
which can detect errors which cannot be corrected. These 
traditional approaches require additional redundancy and 
hence further increase the channel data rate which is 
required to transmit a fixed amount of information. This 
requirement is a disadvantage, Since in most applications it 
is desirable to minimize the total number of bits which are 
transmitted (or Stored). 

The invention described herein applies to many different 
digital communication Systems, Some of which contain 
Speech coders. Examples of Speech coders which may be 
contained in Such a communication System include but are 
not limited to linear predictive speech coders, channel 
Vocoders, homomorphic Vocoders, Sinusoidal transform 
coders, multi-band excitation speech coders and improved 
multiband excitation (IMBETM) speech coders. For the pur 
pose of describing the details of this invention, we have 
focussed on a digital communication System containing the 
IMBETM speech coder. This particular speech coder has been 
standardized at 6.4 kbps for use over the INMARSAT-M 
(International Marine Satellite Organization) and OPTUS 
MobileSat Satellite communication System, and which has 
been selected at 7.2 kbps for use in the APCO/NASTD/Fed 
Project 25 North American land mobile radio standard. 
The IMBETM coder uses a robust speech model which is 

referred to as the Multi-Band Excitation (MBE) speech 
model. The MBE speech model was developed by Griffin 
and Lim in 1984. This model uses a more flexible repre 
Sentation of the Speech Signal than traditional Speech mod 
els. As a consequence it is able to produce more natural 
Sounding Speech, and it is more robust to the presence of 
acoustic background noise. These properties have caused the 
MBE speech model to be used extensively for high quality 
mid-rate Speech coding. 

Let S(n) denote a discrete speech signal obtained by 
Sampling an analog speech Signal. In order to focus attention 
on a short Segment of Speech Over which the model param 
eters are assumed to be constant, the signal S(n) is multiplied 
by a window w(n) to obtain a windowed speech segment or 
frame, S(n). The Speech segment S(n) is modelled as the 
response of a linear filter h(n) to Some excitation signal 
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4 
e(n). Therefore, S(co), the Fourier Transform of S(n), can 
be expressed as 

where H(co) and E (co) are the Fourier Transforms of h(n) 
and e(n), respectively. The spectrum H(CO) is often 
referred to as the Spectral envelope of the Speech Segment. 

In traditional Speech models Speech is divided into two 
classes depending upon whether the Signal is mostly peri 
odic (voiced) or mostly noise-like (unvoiced). For voiced 
Speech the excitation signal is a periodic impulse Sequence, 
where the distance between impulses is the pitch period. For 
unvoiced speech the excitation Signal is a white noise 
Sequence. 

In traditional Speech models each speech Segment is 
classified as either entirely voiced or entirely unvoiced. In 
contrast the MBE speech model divides the excitation 
Spectrum into a number of non-overlapping frequency bands 
and makes a voiced or unvoiced (V/UV) decision for each 
frequency band. This approach allows the excitation Signal 
for a particular Speech Segment to be a mixture of periodic 
(voiced) energy and aperiodic (unvoiced) energy. 

This added flexibility in the modelling of the excitation 
Signal allows the MBE Speech model to produce high quality 
Speech and to be robust to the presence of background noise. 

Speech coders based on the MBE speech model estimate 
a set of model parameters for each Segment of Speech. The 
MBE model parameters consist of a fundamental frequency, 
a set of V/UV decisions which characterize the excitation 
Signal, and a set of Spectral amplitudes which characterize 
the spectral envelope. Once the MBE model parameters 
have been estimated for each Segment, they are quantized, 
protected with ECC and transmitted to the decoder. The 
decoder then performs error control decoding to correct 
and/or detect bit errors. The resulting bits are then used to 
reconstruct the MBE model parameters which are in turn 
used to Synthesize a speech Signal Suitable for playback 
through a D-to-A convertor and a conventional Speaker. 

SUMMARY OF THE INVENTION 

In a first aspect, the invention features a new data encod 
ing method which uses bit modulation to allow uncorrect 
able bit errors to be detected without requiring any further 
redundancy to be added to digital data Stream. The digital 
data is first subdivided into contiguous frames. Then for 
each frame, a modulation key is generated from a portion of 
the digital data, which is in turn used to generate a unique 
modulation Sequence. This sequence is then combined with 
the digital data after error control coding has been applied. 
A decoder which receives a frame of modulated data 
attempts to generate the correct demodulation key, demodu 
late the data and perform error control decoding. An error 
measure is computed by comparing the data before and after 
error control decoding. The value of the error measure 
indicates the probability that the demodulation key is incor 
rect. If the value of the error measure exceeds a threshold, 
then the decoder declares the current frame of digital data to 
be invalid and performs a frame repeat or Some other 
appropriate action. 

In a Second aspect, the invention features a bit prioriti 
zation method which improves the reliability with which a 
Set of quantizer values can be transmitted over a noisy 
communication channel. This new method assigns a weight 
to each bit location in a Set of quantizer values. In any one 
quantizer value, the weight is greater for a more significant 
bit location than for a leSS Significant bit location. The 
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weight of bit locations of the same significance in different 
quantizer values varies depending upon the Sensitivity of the 
different quantizer values to bit errors, more Sensitive bit 
locations receiving a higher weight than leSS Sensitive bit 
locations. The bits in each of the bit locations are then 
prioritized according to their weight, and the prioritized bits 
are then encoded with error control codes. Error control 
codes with higher redundancy are typically used to encode 
the higher priority (i.e. higher weight) bits, while lower 
redundancy error control codes are used to encode the lower 
priority (i.e. lower weight) bits. This method improves the 
efficiency of the error control codes, Since only the most 
critical bits are protected with the high redundancy codes. 
The decoder which receives the prioritized data, performs 
error control decoding and then rearranges the bits, using the 
Same weighting method, to reconstruct the quantizer values. 

In a third aspect, the invention features an improved 
method for decoding and Synthesizing an acoustic Signal 
from a digital data Stream. This method divides the digital 
data into contiguous frames each of which is associated with 
a time Segment of the Signal. The method then performs 
error control decoding of the digital data and then performs 
further decoding to reconstruct a frequency domain repre 
Sentation of the time Segments. The number of errors 
detected in each frame is determined by comparing the data 
before and after error control decoding. The frequency 
domain representation is then Smoothed depending upon the 
number of detected errors, and the Smoothed representation 
is used to Synthesize an acoustic Signal. Typically the 
amount of Smoothing is increased as the number of detected 
errors increases, and the amount of Smoothing is decreased 
as the number of detected errors decreases. This method 
reduces the amount of degradation a listener perceives when 
hearing the Synthesized acoustic Signal if the digital data 
contains a Substantial number of bit errors. 

In a fourth aspect, the invention features a particular 
advantageous bit allocation for a 7.2 kbps Speech coder and 
decoder. In Such a System, each frame has 144 bits, which 
must be allocated to various parameters. We have 
discovered, after considerable experimentation, that a par 
ticularly advantageous allocation of these bits is as follows: 
88 bits for the speech model parameters and 56 bits for error 
control coding. Preferably, the 88 bits allocated to speech 
model parameters is further allocated as follows: 8 bits for 
the fundamental frequency, K bits for the voiced/unvoiced 
decisions, and 79-K bits for the Spectral amplitudes, and 1 
bit for synchronization. 

Other features and advantages of the invention will be 
apparent from the following description of preferred 
embodiments and from the claims. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram showing a preferred embodi 
ment of the invention in which the fundamental frequency 
used in the IMBETM speech coder is encoded and decoded. 

FIG. 2 is a block diagram showing a preferred embodi 
ment of the invention in which the voiced/unvoiced deci 
sions used in the IMBETM speech coder are encoded and 
decoded. 

FIG. 3 is a block diagram showing a prefered embodiment 
of the invention in which the Spectral amplitudes used in the 
IMBETM speech coder are quantized into a set of quantizer 
values, denoted be through b, +1. 

FIG. 4 shows a prefered embodiment of the invention in 
which the Spectral amplitudes prediction residuals used in 
the IMBETM speech coder are divided into six blocks for 
L=34. 
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FIG. 5 is a block diagram showing a prefered embodiment 

of the invention in which the gain vector, used in part to 
represent the IMBETM spectral amplitudes, is formed. 

FIG. 6 is a block diagram showing a prefered embodiment 
of the invention in which the Spectral amplitudes used in the 
IMBETM speech coder are reconstructed (i.e. inverse 
quantized) from a set of quantizer values, denoted b. 
through bi+1. 

FIG. 7 is a block diagram showing a prefered embodiment 
of the invention in which the quantizer values for a frame of 
IMBETM model parameters are encoded into a frame of 
digital data. 

FIG. 8 is a block diagram showing a prefered embodiment 
of the invention in which a frame of digital data is decoded 
into a set of quantizer values representing a frame of 
IMBETM model parameters. 

FIG. 9 shows a prefered embodiment of the invention in 
which the quantizer values representing the Spectral ampli 
tudes used in the 7.2 kbps IMBE"M speech coder are 
prioritized for L=16. 

FIG. 10 is a block diagram showing a prefered embodi 
ment of the invention in which the four highest priority code 
vectors are formed from the quantizer values used in the 7.2 
kbps IMBETM speech coder. 

FIG. 11 is a block diagram showing a prefered embodi 
ment of the invention in which the four lowest priority code 
vectors are formed from the quantizer values used in the 7.2 
kbps IMBETM speech coder. 

FIG. 12 is a block diagram showing a prefered embodi 
ment of the invention in which the Spectral amplitudes used 
in the IMBETM speech coder are adaptively smoothed. 

FIGS. 13 and 14 are flow charts showing a prefered 
embodiment of the invention in which the model parameters 
used in the IMBETM speech coder are adaptively smoothed 
and in which frame repeats and frame mutes are performed 
if an error measure exceeds a threshold. 

FIGS. 15 and 16 are flow charts showing a prefered 
embodiment of the invention in which the quantizer values 
representing a frame in the 7.2 kbps IMBETM speech coder 
are encoded into a frame of digital data. 

FIGS. 17 and 18 are flow charts showing a prefered 
embodiment of the invention in which the received data 
representing a frame in the 7.2 kbps IMBETM speech coder 
is decoded into a set of bit encodings. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS OF THE INVENTION 

TABLE 1. 

Bit Allocation Among Model Parameters 

Parameter Number of Bits 

Fundamental Frequency 8 
Voiced/Unvoiced Decisions K a. 
Spectral Amplitudes 79 - K 
Synchronization 1. 

The preferred embodiment of the invention is described in 
the context of the 7.2 kbps IMBETM speech coder adopted as 
the land mobile radio standard by APCO/NASTD/Fed 
Project 25. In the IMBETM speech coder the speech signal is 
divided into Segments and each Segment is used to estimate 
a set of parameters which consist of the fundamental 
frequency, o, the V/UV decisions, v, for 1sKsK, and the 
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spectral amplitudes, M, for 1sls L. A quantizer is then 
employed to reduce each set of model parameters to a frame 
of quantizer values, denoted by bo, b, ..., b+2. Since the 
Project 25 Speech coder is designed to operate at 7.2 kbps 
with a 20 ms. frame length, only 144 bits are available per 
frame. Of these 144 bits, 56 are reserved for error control, 
leaving only 88 bits to be divided over the frame of L-3 
quantizer values. These 88 bits must be used in a Sophisti 
cated manner to ensure that the MBE model parameters are 
transmitted with sufficient fidelity to allow the decoder to 
Synthesize high quality Speech. The method of achieving this 
goal is described in the following Sections. 

The encoder and decoder both allocate the 88 bits per 
frame in the manner shown in Table 1. This table highlights 
the fact that the bit allocation varies from frame to frame 
depending upon the number of model parameters. AS will be 
described below, the exact bit allocation is fully determined 
by the Six most Significant bits of the pitch. 

TABLE 2 

Eight Bit Binary Representation 

value bits 

O OOOOOOOO 
1. OOOOOOO1 
2 OOOOOO1O 

255 11111111 

The fundamental frequency is estimated with one-quarter 
Sample resolution in the interval 

2J 
123.125 

2J 
19.875 

s s (OO 

however, it is only encoded at half-sample resolution. This 
is accomplished by finding the value of bo which satisfies: 

i--- COO 

The quantizer value bo is represented with 8 bits using the 
unsigned binary representation shown in Table 2. This 
representation is used throughout IMBETM speech coder. 

The fundamental frequency is decoded and reconstructed 
at the receiver by using Equation (3) to convert bo to the 
received fundamental frequency coo. In addition bo is used 
to calculate Kand L. the number of decisions and the number 
of Spectral amplitudes, respectively. These relationships are 
given in Equations (4) and (5). 

(2) 

60 - - - (3) 
bo + 39.5 

i = .9254 - - + 25 (4) 
COO 

(5) 
ti- if L is 36 K= 3 

12 otherwise 

Ablock diagram of the fundamental frequency encoding and 
decoding process is shown in FIG. 1. 

Equation (4) shows that the parameter L is only a function 
of the six most significant bits (MSB's) of the quantizer 
value bo. As will be discussed below, the IMBETM speech 
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encoder and decoder interpret each frame using a variable 
frame format (i.e. variable bit allocation) which is specified 
by the parameters, L and L. respectively. Since for proper 
operation the frame format used by the encoder and decoder 
must be identical, it is extremely important that f=L. 
Because of this fact these six bits are considered the highest 
priority bits in the IMBETM speech frame. 
The V/UV decisions v, for 1s KsK, are binary values 

which classify each frequency band as either voiced or 
unvoiced. These values are encoded using 

K (6) 
b1 = XE u2K-k 

k=1 

The quantizer value b is represented with K bits using an 
unsigned binary representation analogous to that shown in 
Table 2. 

At the receiver the Kbits corresponding to b are decoded 
into the V/UV decisions v, for 1sls L. Note that this is a 
departure from the V/UV convention used by the encoder, 
which used a Single V/UV decision to represent an entire 
frequency band. Instead the decoder uses a separate V/UV 
decision for each spectral amplitude. The decoder performs 
this conversion by using b, to determine which frequency 
bands are voiced or unvoiced. The State of v, is then Set 
depending upon whether the frequency ()=l () is within a 
Voiced or unvoiced frequency band. This can be expressed 
mathematically as shown in the following two equations. 

l+ 2 

Ki = 3 

12 otherwise 

b b 
u = - - 2 - for 1 s is L 

2K-Ki 2K+1-Ki 

FIG. 2 shows a block diagram of the V/UV decision encod 
ing and decoding process. 

(7) 
if is 36 

(8) 

The spectral amplitudes M, for 1s1sL, are real values 
which must be quantized prior to encoding. This is accom 
plished as shown in FIG. 3, by forming the spectral ampli 
tude prediction residualsT, for 1s1sL, according to Equa 
tions (9) through (14). For the purpose of this discussion 
M(0) refers to the unquantized spectral amplitudes of the 
current frame, while M.(-1) refers to the quantized spectral 
amplitudes of the previous frame. Similarly L(0) refers to 
the number of harmonics in the current frame, while 
L(-1) refers to the number of harmonics in the previous 
frame. 

i-le- (9) 
L(O) 

8, = k - Lk, (10) 

f = log-M1(0) - p(1-8)logMs (-1) - pôlog-M, (-1)+ (11) 

p i(0) . . . . - - - 
- H X. (1 ö)log2M, (-1) -- Ölog2M, (-1) 
L(O) W-1 

The prediction coefficient, p, is adjusted each frame accord 
ing to the following rule: 
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.4 if f(0) s 15 (12) 
p = { .03i(0) - 0.5 if 15 < i(0) s 24 

7 otherwise 

In order to form T, using equations (9) through (12), the 
following assumptions are made: 

M(–1)=1.0 (13) 

M.(–1)=Mt (-1) (14) 

for l-L(-1) 
Also upon initialization M.(-1) should be set equal to 1.0 for 
all 1, and L(–1)=30. 
The L prediction residuals are then divided into 6 blocks. 

The length of each block, denoted j, for 1sis 6, is adjusted 
Such that the following constraints are Satisfied. 

6 - - (15) 
X J = L 

a. as a (16) 

is is a st for 1 s is 5 
The first or lowest frequency block is denoted by e, for 
1sjs J, and it consists of the first J consecutive elements 
of T, (i.e. 1s1sj). The second block is denoted by ea for 
1sjSJ, and it consists of the next J consecutive elements 
of T, (i.e. j+1s1sj+j). This continues through the sixth 
or highest frequency block, which is denoted by e.g., for 
1sjs J. It consists of the last J consecutive elements of T, 
(i.e. L+1-issils?). An example of this process is shown in 
FIG. 4 for C-34. 

Each of the Six blockS is transformed using a Discrete 
Cosine Transform (DCT). The length of the DCT for the i'th 
block is equal to j. The DCT coefficients are denoted by 
Crs. where 1s is 6 refers to the block number, and 1sksj, 
refers to the particular coefficient within each block. The 
formula for the computation of these DCT coefficients is as 
follows: 

(17) 

C = for 1 sks J, j, j-1 Ji 
The DCT coefficients from each of the six blocks are then 
divided into two groups. The first group consists of the first 
DCT coefficient from each of the six blocks. These coeffi 
cients are used to form a Six element vector, R, for 1s is 6, 
where R=C. 1. The vector R, is referred to as the gain vector, 
and its construction is shown in FIG. 5. 
The Second group consists of the remaining higher order 

DCT coefficients. These coefficients correspond to C.j 
where 1s is 6 and 2sis.J. Note that if J-1, then there are 
no higher order DCT coeficients in the i'th block. 
One important feature of the Spectral amplitude encoding 

method, is that the spectral amplitude information is trans 
mitted differentially. Specifically, a prediction residual is 
transmitted which measures the change in the Spectral 
envelope between the current frame and the previous frame. 
In order for a differential scheme of this type to work 
properly, the encoder must Simulate the operation of the 
decoder and use the reconstructed Spectral amplitudes from 
the previous frame to predict the Spectral amplitudes of the 
current frame. The IMBETM spectral amplitude encoder 
Simulates the Spectral amplitude decoder by Setting L-L and 
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then reconstructing the Spectral amplitudes as discussed 
above. This is shown as the feedback path in FIG. 3. 
The gain vector can be viewed as a coarse representation 

of the Spectral envelope of the current Segment of Speech. 
The quantization of the gain vector begins with a six point 
DCT of R, for 1s is 6 as shown in the following equation. 

(18) ... 1 

6 . an-, (-4) 
X. Ricos - H 

a. 1. 
G = - 
m 6 i=1 6 

for 1 s m is 6 

The resulting vector, denoted by G, for 1sms6, is quan 
tized in two parts. The first element, G, can be viewed as 
representing the overall gain or level of the Speech Segment. 
This element is quantized using the 6 bit non-uniform 
quantizer given in Appendix E of the APCO/NASTD/Fed 
Project 25 Vocoder Description, incorporated herein by 
reference. The 6 bit value b is defined as the index of the 
quantizer value (as shown in this Appendix) which is closest, 
in a mean-square error sense, to G. The remaining five 
elements of G, are quantized using uniform Scalar quantiz 
ers where the five quantizer values b, to b, are computed 
from the vector elements as shown in Equation (19). 

(19) 

for 3 sm is 7 in-l > 2 B-1 
Am 

G. 
1. + 2Bm-1 otherwise 

Am 

The parameters B, and A, in Equation (19) are the number 
of bits and the Step sizes used to quantize each element. 
These values are dependent upon f, which is the number of 
harmonics in the current frame. This dependence is tabulated 
in Appendix F of the APCO/NASTD/Fed Project 25 Vocoder 
Description, incorporated herein by reference. Since L is 
known by the encoder, the correct values of B, and A, are 
first obtained using this Appendix and then the quantizer 
values b, for 3sms 7 are computed using Equation (19). 
The final Step is to convert each quantizer value into an 
unsigned binary representation using the same method as 
shown in Table 2. 
Once the gain vector has been quantized, the remaining 

bits are used to encode the L-6 higher order DCT coeffi 
cients which complete the representation of the Spectral 
amplitudes. Appendix G of the APCO/NASTD/Fed Project 
25 Vocoder Description, incorporated herein by reference, 
shows the bit allocation as a function of f for these coef 
ficients. For each value of f, the L-6 entries, labeled be 
through b, +1, provide the bit allocation for the higher order 
DCT coefficients. The adopted convention is that (b. 
bs, • • s b+1) 

TABLE 3 

Uniform Quantizer Step Size for Higher Order DCT Coefficients 

Number of Bits Step Size 

1. 1.2 o' 
2 85 of 
3 .65 o 
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TABLE 3-continued 

Uniform Quantizer Step Size for Higher Order DCT Coefficients 

Number of Bits Step Size 

.40 o' 
28 of 
.15 of 
O8 of 
.04 o' 
O2 of 
O1 of 

Table 3: Uniform Quantizer Step Size for Higher Order 
DCT Coefficients correspond to C2, Cs, ... 
Co2, Co.3, . . . . Coil, respectively. 
Once the bit allocation for the higher order DCT coeffi 

cientS has been obtained, these coefficients are quantized 
using uniform quantization. The Step size used to quantize 
each coefficient must be computed the bit allocation and the 
standard deviation of the DCT coefficient using Tables 3 and 
4. For example, if 4 bits are allocated for a particular 
coefficient, then from Table 3 the step size,A, equals 0.40O. 
If this was the the third DCT coefficient from any block (i.e. 
Cs), then O=0.241 as shown in Table 4. Performing this 
multiplication gives a step size of 0.0964. Once the bit 
allocation and the step sizes for the higher order DCT 
coefficients have been determined, then the quantizer values 
b, for 8sms L+1 are computed according to Equation (20). 

(20) 

is lik is b. 1 a. if - 2” for 8 sm is L + 1 
Am 

Cik M 
a. + 2Bm-1 otherwise 
Am 

The parameters b, B, and A, in equation (20) refer to the 
quantizer value, the number 

TABLE 4 

Standard Deviation of Higher Order DCT Coefficients 

DCT Coefficient CS 

C2 3O7 
Cis .241 
C.4 2O7 
Cis 190 
C.6 190 
C.7 179 
Cis 173 
C.9 165 
C.10 170 

Table 4: Standard Deviation of Higher Order DCT Coef 
ficients of bits and the Step Size which has been computed for 
C.K. respectively. Note that the relationship between m, i, 
and K in Equation (20) is known and can be expressed as: 

(21) 

Finally, each quantizer value is converted into the appropri 
ate unsigned binary representation which is analogous to 
that shown in Table 2. 

In order for the decoder to reconstruct the spectral ampli 
tudes the parameter L must first be computed from bo using 
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Equations (3) and (4). Then the spectral amplitudes can be 
decoded and reconstructed by inverting the quantization and 
encoding procedure described above. Ablock diagram of the 
spectral amplitude decoder is shown in FIG. 6. 
The first Step in the Spectral amplitude reconstruction 

process is to divide the spectral amplitudes into Six blockS. 
The length of each block, J, for 1s is 6, is adjusted to meet 
the following constraints. 

6 - - (22) 
X J = L 
i=1 

4. sJ, sj, is t for 1 s is 5 (23) 
6 6 

The elements of these blocks are denoted by C. where 
1s is 6 denotes the block number and where 1sks, 
denotes the element within that block. The first element of 

each block is then Set equal to the decoded gain vector R. Via 
equation (24). 

C1=R, (24) 

for 1s is 6 
The remaining elements of each block correspond to the 
decoded higher order DCT coefficients. 
The gain is decoded in two parts. First the Six bit quantizer 

value be is used to reconstruct the first element of the 
transformed gain vector, denoted by G, This is done by 
using the 6 bit value be as an index into the quantizer values 
listed in Appendix E of the APCO/NASTD/Fed Project 25 
Vocoder Description, incorporated herein by reference. Next 
the five quantizer values ba through b, are used to recon 
Struct the remaining five elements of the transformed gain 
vector, denoted by G. through G. . This is done by using 
L, the number of harmonics in the current frame, in com 
bination with the table in this Appendix to establish the bit 
allocation and Step Size for each of these five elements. The 
relationship between the received quantizer values and the 
transformed gain vector elements is expressed in Equation 
(25), 

if B = 0 (25) O 
Gm_1 = - for 3 sm is 7 

A (b - 2pm-1 +.5) 

where A, and B, are the Step sizes and the number of bits 
found via Appendix F of the APCO/NASTD/Fed Project 25 
Vocoder Description, incorporated herein by reference. 
Once the transformed gain vector has been reconstructed in 
this manner, the gain vector R, for 1s is 6 must be computed 
through an inverse DCT of G, as shown in the following 
equations. 

... 1 J(n - 1) ( -- ) 
C.(m)Gocos --- 

otherwise 

(26) 

R= for 1 s m is 6 

if n = 1 (27) 1. 
C. (m) = 

2 otherwise 

The higher order DCT coefficients, which are denoted by 
C. for 2sis 6 and 1s Ks.J., are reconstructed from the 
quantizer values bs, bo. . . . , b, +1. First the bit allocation 
table listed in Appendix G of the APCO/NASTD/Fed Project 
25 Vocoder Description, incorporated herein by reference, is 
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used to determine the appropriate bit allocation. The adopted 
convention is that Ibs, bo, . . . , bi+1) correspond to (C2, 
Cis ....C s Co.2, Coa. • • • 9 Col. respectively. Once 
the bit allocation has been determined the Step sizes for each 
Care computed using Tables3 and 4. The determination of 
the bit allocation and the Step sizes for the decoder proceeds 
in the Same manner as in the encoder. Using the notation 
B, and A, to denote the number of bits and the Step size, 
respectively, then each higher order DCT coefficient can be 
reconstructed according to the following formula, 

O if B = 0 (28) 
C = - for 8 s m is L + 1 

A (b - 2pm-1 +.5) otherwise 

where as in Equation (21), the following equation can be 
used to relate m, i, and K. 

i-1 - (29) 
n = 6 + k + X. J. 

n=1 

Once the DCT coefficients Chave been reconstructed, 
an inverse DCT is computed on each of the six blocks to 
form the vectors c, This is done using the following 
equations for 1s is 6. 

1. (30) 

J, ak-1 (-4) 
cij = XE C.(k)Cicos -- 

k=1 Ji 

for 1 s is J. 

1 if k = 1 (31) 
C.(k) = 

2 otherwise 

The six transformed blocks e. are then joined to form a 
Single vector of length L, which is denoted T, for 1s1sL. 
The vector it corresponds to the reconstructed Spectral 
amplitude prediction residuals. The adopted convention is 
that the first J. elements of T, are equal to ei, for 1 sis 
J1. The next J. elements of T. are equal to C2. for 1 sis 
J. This continues until the last J. elements of T are equal 
to es for 1sis.J. Finally, the reconstructed log spectral 
amplitudes for the current frame are computed using the 
following equations. 

k = toD- (32) 
L(O) 

6 = k - k, (33) 

log.M.(0) = T, + p(1-6)log.M.(–1) + pôlog.M.,(-1) - 

o g 8.)logM, (-1)+ 6,logM, (-1) -- - O IO - ) -- O 

In order to reconstruct M.(0) using equations (32) through 
(34), the following assumptions are always made: 

M(–1)=1.0 (35) 

M(–1)=Mt (-1) (36) 

for l-L(-1) 
In addition it is assumed that upon initialization M(-1)=1 
for all 1, and L(-1)=30. Note that later sections of the 
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IMBETM decoder require the spectral amplitudes, M, for 
1sls L., which must be computed by applying the inverse 
log to each of the values computed with Equation (34). 
One final note is that it should be clear that the IMBETM 

speech coder uses a variable frame format (i.e. variable bit 
allocation) which is dependent upon the number of harmon 
ics in each frame. At the encoder the value L is used to 
determine the bit allocation and quantizer Step sizes, while 
at the decoder the value L is used to determine the bit 
allocation and quantizer Step sizes. In order to ensure proper 
operation it is necessary that these two values be equal (i.e. 
L=L). The encoder and decoder are designed to ensure this 
property except in the presence of a very large number of bit 
errors. In addition the use of bit modulation allows the 
decoder to detect frames where a large number of bit errors 
may prevent the generation of the correct bit allocation and 
quantizer Step sizes. In this case the decoder discards the bits 
for the current frame and repeats the parameters from the 
previous frame. This is discussed in more detail in latter 
Sections of this document. 
A final one bit quantizer value is reserved in each speech 

frame for Synchronization. This quantizer value, denoted by 
b+2 is Set to an alternating Sequence by the encoder. If this 
bit was set to 0 during the previous Speech frame, then this 
bit should be set to a 1 for the current speech frame. 
Otherwise, if this bit was Set to 1 during the previous speech 
frame, then this bit should be set to a 0 for the current speech 
frame. This is expressed in the following equation, where 
b+2(0) refers to the value for the current frame, while 
b+2(-1) refers to the value for the previous frame. 

0 if bi(-1) = 1 (37) bi:(0) = { 1. 

It is assumed that b, +2(0) should be set equal to 0 during the 
first frame following initialization. 
The decoder may use this bit to establish synchronization. 

AS presented later in this description, this bit is not error 
control encoded or modulated, and it is placed in a fixed 
offset relative to the beginning of each 144 bit frame of 
Speech data. The decoder may check each possible offset in 
the received data stream and establish which offset is most 
likely to correspond to the Synchronization bit. The begin 
ning of each Speech frame can then be established using the 
known distance between the beginning of each speech frame 
and the synchronization bit. Note that the number of 
received speech frames which is used to establish Synchro 
nization can be modified to trade off the probability of false 
Synchronization, the Synchronization delay, and the ability to 
acquire Synchronization in the presence of bit errors. Also 
note that other Synchronization fields may be provided 
outside the IMBETM speech coder which may eliminate the 
need to use b, +2for synchronization. 
The IMBETM encoder combines the quantization methods 

described above with a sequence of bit manipulations to 
increase the Systems robustness to channel degradations (i.e. 
bit errors). Each frame of quantizer values, denoted 
by bo. . . . , b, 2, is first prioritized into a set of bit vectors, 
denoted by fio, . . . , ti, according to each bits Sensitivity to 
bit errors. The result is that bit errors introduced into the 
highest priority bit vector, fio, cause large distortions in the 
decoded speech. Conversely, bit errors added to the lowest 
priority bit vector, fiz, cause Small distortions in the decoded 
speech. The bit vectors are then protected with error control 
codes, including both 23,12 Golay codes and 15,11 
Hamming codes, to produce a set of code vectorS denoted by 
vo, . . . , v7. The use of bit prioritization increases the 

otherwise 
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effectiveness of the error control codes, Since only the most 
Sensitive bits are protected by the high redundancy Golay 
codes. 
The IMBETM encoder also utilizes bit modulation to 

further increase the systems robustness to bit errors. One of 
the bit vectors is used to generate a modulation key which 
is used to initialize a pseudo-random Sequence. This 
Sequence is converted into a Set of binary modulation 
vectors which are added modulo 2 to the code vectors (i.e 
after error control encoding). The result is a set of modulated 
code vectorS denoted by ?o, . . . , ?7. Finally, intra-frame bit 
interleaving is used on the modulated code vectors in order 
to spread the effect of short burst errors. A block diagram of 
the bit manipulations performed by the encoder is shown in 
FIG. 7. 
The IMBETM decoder reverses the bit manipulations 

performed by the encoder. First the decoder 
de-interleaves each frame of 14.4 bits to obtain the eight code 
vectors co,..., c.7. The highest priority code vector is then 
error control decoded and used to generate a demodulation 
key. The demodulation key is then used to initialize a 
pseudo-random Sequence which is converted into a set of 
binary modulation vectors. These are added modulo 2 to the 
remaining code vectors to produce a set of demodulated 
code vectors, denoted by vo, ..., v.7, which the decoder then 
error control decodes to reconstruct the bit vectors uo,..., 
ti,. Finally, the decoder rearranges these bit vectors to 
reconstruct the quantizer values, denoted by bo, b, . . . , 
b+2, which are then used to reconstruct a frame MBE 
model parameters. Each frame of model parameters can then 
be used by an IMBETM speech synthesizer to synthesize a 
time Segment of Speech. Ablock diagram of the bit manipu 
lations performed by the decoder is shown in FIG. 8. 
One should note that the IMBETM speech decoder 

employs a number of different mechanisms to improve 
performance in the presence of bit errors. These mechanisms 
consist first of error control codes, which are able to remove 
a significant number of errors. In addition, the IMBETM 
Speech coder uses bit modulation combined with frame 
repeats and frame mutes to detect and discard highly cor 
rupted frames. Finally, the IMBETM speech decoder uses 
adaptive Smoothing to reduce the perceived effect of any 
remaining errors. These mechanisms are all discussed in the 
following Sections of this description. 
The first bit manipulation performed by the IMBETM 

encoder is a prioritization of the quantizer values bo, b, .. 
., b, +2 into a set of 8 bit vectors denoted by Óo, ö,..., ü,. 
The bits vectors is through is are 12 bits long, while the bit 
vectors fi through tie are 11 bits long, and the bit vector i7 
is Seven bits long. Throughout this Section the convention 
has been adopted that bit N, where N is the vector length, is 
the most significant bit (MSB), and bit 1 is the least 
significant bit (LSB). 

The prioritization of the quantizer values into the Set of 
bits vectors begins with fo. The Six most significant bits of 
uo (i.e. bits 12 through 7) are set equal to the Six most 
significant bits of bo (i.e. bits 8 through 3). The next three 
most significant bits offo (i.e. bits 6 through 4) are set equal 
to the three most significant bits of ba (i.e. bits 6 through 4). 
The remaining three bits of fic are generated from the 
spectral amplitude quantizer values by through b, +1. Spe 
cifically these quantizer values are arranged as shown in 
FIG. 9. In this figure the shaded areas represent the number 
of bits which were allocated to each of these values assum 
ing L=16. Note that for other values of f, this figure would 
change in accordance with the bit allocation information 
contained in Appendices F and G of the APCO/NASTD/Fed 
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Project 25 Vocoder Description incorporated herein by ref 
erence. The remaining three bits of fio are then selected by 
beginning in the upper left hand corner of this figure (i.e. bit 
10 of b.) and scanning left to right. When the end of any row 
is reached the Scanning proceeds from left to right on the 
next lower row. Bit 3 of fio is set equal to the bit corre 
sponding to the first shaded block which is encountered 
using the prescribed Scanning order. Similarly, bit 2 of fio is 
Set equal to the bit corresponding to the Second shaded block 
which is encountered and bit 1 of fio is Set equal to the bit 
corresponding to the third shaded block which is encoun 
tered. 

The Scanning of the Spectral amplitude quantizer values 
by through b, +1 which is used to generate the last three bits 
of fio is continued for the bit vectors fi through fia. Each 
Successive bit in these vectors is Set equal to the bit corre 
sponding to the next shaded block. This proceSS begins with 
bit 12 of ü, proceeds through bit 1 off followed by bit 12 
off, and continues in this manner until finally reaching bit 
1 of fis. At this point the 48 highest priority (i.e. most 
Sensitive) bits have been assigned to the bit vectors fo 
through fi as shown in FIG. 10. 
The formation of the bit vectors fi through fi, begins with 

of the V/UV decision bits. This is accomplished by inserting 
into the bit vectors (beginning with bit 11 offi, proceeding 
through bit 1 off followed by bit 11 of tis, and continuing 
in this manner until finally reaching bit 5 of ü) all of the bits 
of b(starting with the MSB), followed by bit 3 and then bit 
2 of b, and then continuing with the scanning of b, through 
b, +1, as described above. The final four bits of 6, 
(beginning with bit 4 and ending with bit 1) are set equal to 
bit 1 of b, bit 2 of bo, bit 1 of bo, and then bit 1 of b-2, 
respectively. A block diagram of this procedure is shown in 
FIG. 11 for K=6. 
The formation of the bit vectors described above priori 

tizes the bits according to their sensitivity to bit errors. A bit 
error introduced into do generally causes the largest degra 
dation in Speech quality, while a bit error introduced into i7 
generally causes little degradation in Speech quality. Con 
sequently the 56 bits per frame available for error control are 
used to protect the first four bit vectors with 23,12 Golay 
codes, while the next three bit vectors are protected with 
15, 11 Hamming codes. The last bit vector is left unpro 

tected. This approach is efficient, Since it only uses the more 
redundant (and hence more robust) Golay codes where they 
are most needed, while using less redundant (and hence less 
robust) codes in other areas. 
The bit prioritization described above can be viewed as 

assigning a weight to each allocated bit location in the Set of 
quantizer values. Within any one quantizer value the weight 
is greater for a more Significant bit location than for a leSS 
Significant bit location. In addition the relative weight of a 
bit location of the same Significance in different quantizer 
values is dependent upon each quantizer values Sensitivity to 
bit errors (i.e. the perceived degradation that results after 
Speech is Synthesized with bit errors in a particular quantizer 
value). Once weight have been assigned to each bit location, 
then the contruction of the bit vectors is performed by 
ordering each bit according to the weight of its bit location 
and then partitioning the ordered bit Sequence into bit 
vectors of the appropriate length. 

Once the eight bit vectors have been formed, they are each 
converted into a corresponding code Vector. The generation 
of the eight code vectors v, for Osis7 is performed accord 
ing to the following Set of equations, 
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i=ü, Po (38) 

for Osis3 

v=ü, P., (39) 

for 4s is 6 

v, -ó, (40) 

where the P and P are the parity matrices for the 23,12 
Golay code and the 15, 11 Hamming code, respectively. 
These are shown below where absent entries are assumed to 
equal Zero. Note that all operations are modulo 2 as defined 
in the references incorporated herein, and the vectors v, and 
ü are assumed to be row vectors, where the “left” most bit 
is the MSB. This convention is used throughout this section. 

1 O 1 O O O 

O 1 O O 1 1 O O 

O 1 O 1 1 1 O 

O 1 O O 1 1 1 1 

O 1 O O O 1 1 1 

P = O 1 O 1 O 1 1 
O 1 O O 1 1 0 1 

O 1 O O O 1 1 O 

O 1 O 1 O 1 1 

O 1 O O 1 O 1 

O 1 O O O 1 O 

O 1 O O. O. 1 

1 O 1. 

O 1 O 1. O 

O 1 O 1. O 

O 1 O 1. O O 

O 1 O 1 O 

PH = O 1 O 1 O O 

O 1 O 1 O O 

O 1 O O 1 

O 1 O O 1 O 

O 1 O O 1 O 

O 1 O O 

The Golay parity matrix P shown above is a Systematic 
representation of the standard 23,12 Golay code. Standard 
methods of decoding this code and the Hamming code are 
discussed in the literature. These methods are used by the 
IMBETM decoder to correct the maximum number of errors 
for each code. 

The IMBETM speech coder uses bit modulation to provide 
a mechanism for detecting errors in vo beyond the three 
errors that the 23,12 Golay code can correct. The first step 
in this procedure is to generate a Set of binary modulation 
vectors which are added (modulo 2) to the code vectors vo 
through v7. The modulation vectors are generated from a 
pseudo-random Sequence which is initialized to the value of 
a modulation key which is generated from the bit vector fio. 
Specifically, the Sequence defined in the following equation 
is used, 
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p. (O) = 16to (41) 

173p,(n - 1) + 13849 (42) 
p(n) = 173p,(n-1)+ 13849 – 65536|- st 

where the bit vector fio is interpreted as an unsigned 12 bit 
number in the range 0, 4095). Equation (42) is used to 
recursively compute the pseudo-random sequence p(n) over 
the range 1sns 114. Each element of this Sequence can be 
interpreted as a 16 bit random number which is uniformly 
distributed over the interval 0, 65535). Using this 
interpretation, a Set of binary modulation vectors, denoted 
by rino through rinz, are generated from this Sequence as 
shown below. 

O 

O 

O 

no = 0, 0,..., O (43) 

ini-Ego E. " 
in-El... " 
in-ti. E. " 
in-lity. . " 
ins------. E. " 
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-continued (49) 
p, (100) || p(101) p, (114) 49 

in-tity . . . . g 

in 7 = 0, 0,..., O (50) 

Once these modulation vectors have been computed in this 
manner, the modulated code vectors, vofor 0s is 7, are 
computed by adding (modulo 2) the code vectors to the 
modulation vectors. 

&=v,+ril, (51) 

for Osis 7 
One should note that the bit modulation performed by the 

IMBETM encoder can be inverted by the decoder if co does 
not contain any uncorrectable bit errors. In this case Golay 
decoding co, which always equals vo since mo=0, will yield 
the correct value of uo. The decoder can then use up to 
reconstruct the pseudo-random Sequence and the modulation 
vectors us through m, Subtracting these vectors from c. 
though c, will then yield the code vectors v, though v 7. At 
this point the remaining error control decoding can be 
performed. In the other case, where co contains uncorrect 
able bit errors, the modulation cannot generally be inverted 
by the decoder. In this case the likely result of Golay 
decoding co will be some to which does not equal do. 
Consequently the decoder will initialize the pseudo-random 
Sequence incorrectly, and the modulation vectorS. computed 
by the decoder will be uncorrelated with the modulation 
vectors used by the encoder. Using these incorrect modula 
tion vectors to reconstruct the code vectorS is essentially the 
same as passing v, . . . , v through a 50 percent bit error 
rate (BER) channel. The IMBETM decoder exploits the fact 
that, statistically, a 50 percent BER causes the Golay and 
Hamming codes employed on v through vs to correct a 
number of errors which is near the maximum capability of 
the code. By counting the total number of errors which are 
corrected in all of these code Vectors, the decoder is able to 
reliably detect frames in which co is likely to contain 
uncorrectable bit errors. The decoder performs frame repeats 
during these frames in order to reduce the perceived degra 
dation in the presence of bit errors. Experimental results 
have shown that frame repeats are preferable to using an 
incorrectly decoded co, since this code vector controls the bit 
allocation for the parameter quantizers. 

Hence, the use of random bit modulation by the encoder 
allows the decoder to reliably detect whether there are any 
uncorrectable bit errors in co without requiring further 
redundancy to be placed into the data Stream. This allow 
efficient use of the communication channel while eliminat 
ing large degradations from being introduced into the Syn 
thesized speech. 

Intra-frame bit interleaving is used to Spread Short bursts 
of errors among Several code words. This decreases the 
probability that a short burst of errors will result in an 
uncorrectable error pattern. The minimum Separation 
between any two bits of the same error correction code is 6 
bits. The exact order of the 144 bits in each frame is 
tabulated in Appendix H of the APCO/NASTD/Fed Project 
25 Vocoder Description dated 1 Dec. 1992, incorporated 
herein by reference. The table in this appendix uses the same 
notation as was discussed above, i.e. bit N (where N is the 
vector length) is the MSB and bit 1 is the LSB. The speech 
coder bits should be inserted into the Project 25 frame 
format beginning with the bitt, and ending with bit ta. 

The IMBETM speech decoder estimates the number of 
errors in each received data frame by computing the number 
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of errors corrected by each of the 23,12) and 15,11 
Hamming codes. The number of errors for each code Vector 
is denoted e for Osis 6, where e refers to the number of bit 
errors which were detected during the error control decoding 
of us. These Seven bit error parameters can easily be 
determined by using the following equation where again all 
arithmetic operations are modulo 2. 

- 
From these error values two other error parameters are 
computed as shown below. 

(52) v; – Pou, for 0 s is 3 
v, - Puu, for 4s is 6 

6 (53) 
er = XE ei 

i=0 

es(O) = .95 * e(-1) + .000356er (54) 

The parameter e(0) is the estimate of the error rate for the 
current frame, while e(-1) is the estimate of the error rate 
for the previous frame. These error parameters are used to 
control the frame repeat process described below, and to 
control the adaptive Smoothing functions described in 
below. Both of these functions are designed to improve the 
perceived quality of the decoded Speech, given that the error 
control decoding is not always able to correct all of the bit 
errors introduced by a Severely degraded channel. 
The IMBETM decoder examines each received data frame 

in order to detect and discard frames which are highly 
corrupted. A number of different fault conditions are 
checked and if any of these conditions indicate the current 
frame is invalid, then a frame repeat is performed. The 
IMBETM speech encoder uses values of bo in the range 
Osbos 207 to represent valid pitch estimates. In addition 
values of bo in the range 216sbos 219 are used by encoder 
to represent Silence frames. The remaining values of bo C 
reserved for future expansion (such as DTMF signals, call 
progreSS Signals, enhanced Speech coders, inband data, etc. 
. . ) and are currently considered invalid. A frame repeat is 
performed by the decoder if it receives an invalid value of 
bo, or if both of the following two equations are true. 

(55) 

€1211 (56) 

These two equations are used to detect the incorrect 
demodulation which results if there are uncorrectable bit 
errors in co. The decoder performs a frame repeat by taking 
the following Steps: 

1) The current 144 bit received data frame is marked as 
invalid and Subsequently ignored during future processing 
StepS. 

2) The IMBETM model parameters for the current frame 
are set equal to the IMBETM model parameters for the 
previous frame. Specifically, the following update expres 
Sions are computed. 

for 1sks K 
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for 1s1sL 
3) The repeated model parameters are used in all future 

processing wherever the current model parameters are 
required (i.e. speech Synthesis). 

The IMBETM a decoder uses muting to squelch the output 
in severe bit error environments. This is indicated after four 
Successive frames have been repeated or if ea0.085. In 
addition the decoder mutes the Speech output if a Silence 
frame is received which is indicated by 216sbos 219. The 
recommended muting method is to bypass the Synthesis 
procedure and to set the synthetic speech signal, s(n) to 
random noise which is uniformly distributed over the inter 
Val-5, 5 Samples. 

In the embodiment described above, the logic used to 
detect an incorrect demodulation of the current frame is 
controlled by the parameterse, for Osis 6 which represent 
the number of errorS detected during the error control 
deoding of v. This detection logic can be generalized to the 
computation of an error measure based upon the result of 
comparing v, with u, (i.e. the demodulated code vectors 
before and after error control decoding). If the value of this 
error measure exceeds a threshold then the current frame is 
declared invalid. This relies on the fact that incorrect 
demodulation causes large discrepancies between these 
vectors, resulting in a high value of the error measure. Some 
appropriate action, Such as a frame repeat or a frame mute, 
is then performed for invalid frames. The advantage of this 
generalized viewpoint is that it easily accomodates alterna 
tive error measures which may offer improved performance 
under certain channel conditions. For example Soft-decision 
(i.e. multi-bit) data from a modem or similar device can be 
combined with the disclosed demodulation method in a 
Straightforward manner to offer improved performance. 

The IMBETM speech decoder attempts to improve the 
perceived quality of the Synthesized Speech by enhancing 
the Spectral amplitudes. The unenhanced spectral amplitudes 
are required by future frames in the computation of Equation 
(34). However, the enhanced spectral amplitudes are used in 
Speech'synthesis. The Spectral amplitude enhancement is 
accomplished by generating a Set of Spectral weights from 
the model parameters of the current frame. First Ro and 
Rm are calculated as shown below 

(63) 

(64) 
RM1 = X. MPcos(ool) 

i=1 

Next, the parameters Rao, and R are used to calculate a 
Set of weights, W., given by 

-- (65) 
4. 967 (Rio + Rii-2RMoRMicos(cool)) 

oRMo(Ro-Ri.) 

These weights are then used to enhance the Spectral ampli 
tudes for the current frame according to the relationship: 

1O 
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(66) 
if8 is L 

else if Wis 1.2 

else if W. &.5 

otherwise 

A final Step is to Scale the enhanced spectral amplitudes in 
order to remove any energy difference between the enhanced 
and unenhanced amplitudes. The correct Scale factor, 
denoted by Y, is given below. 

-- (67) 
RMO 

Y = | -- 
L - 2 

X M. 
i=1 

This Scale factor is applied to each to each of the enhanced 
spectral amplitudes as shown in Equation (68). 

M-y-M, (68) 

for 1s1sL 
For notational simplicity this equation refers to both the 
Scaled and unscaled spectral amplitudes as M. This con 
vention has been adopted Since the unscaled amplitudes are 
discarded and only the Scaled amplitudes are Subsequently 
used by the decoder during parameter Smoothing and Speech 
Synthesis. 
The value of Ro expressed in Equation (64) is a measure 

of the energy in the current frame. This value is used to 
update a local energy parameter in accordance with the 
following rule. 

This equation generates the local energy parameter for the 
current frame, S(0), from Ro and the value of the local 
energy parameter from the previous frame S(-1). The 
parameter S(0) is used to adaptively smooth the V/UV 
decisions as described below. 
The IMBETM decoder performs adaptive smoothing to 

reduce the perceived distortion caused by any uncorrectable 
bit errors in bo, b, . . . , b, ... The adaptive Smoothing 
methods are controlled by two error rate parameters, et and 
e, which are estimated for the current frame as discussed 
above. When e, and e are Small, it is assumed that the error 
control decoding removed all of the bit errors, and the 
decoded model parameters are not perturbed. Conversely, 
when e, and e are Small, it is assumed that their is a high 
probability that some uncorrected bit errors have been 
introduced into the decoded model parameters, and a large 
amount of Smoothing is performed. 
The first parameters to be smoothed by the decoder are the 

V/UV decisions. First an adaptive threshold V is calculated 
using equation (70), 

(69) .95 SE(-1)+.05 Rao if.95 SE(-1)+.05 Ros 10000.0 
1OOOO.O otherwise 

(70) 
ce ife R(0) is .005 and ers 4 

45.255 (SE(O)).375 VM = o 
exp(277.26eR(0)) else if eR(0) is .0125 and e4 = 0 

1.414 (SE(O)).375 otherwise 

where the energy parameter S(0) is defined in Equation 
(69). After the adaptive threshold is computed each 
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enhanced Spectral amplitude M, for 1s1sL is compared 
against V, and if M-V, then the V/UV decision for that 
Spectral amplitude is declared Voiced, regardless of the 
decoded V/UV decision. Otherwise the decoded V/UV deci 
Sion for that spectral amplitude is left unchanged. This 
proceSS can be expressed mathematically as shown below. 

(71) 
for 1 s is L 

1. 
vi = 

vi otherwise 

Once V/UV decisions have been Smoothed, the decoder 
adaptively Smooths the Spectral amplitudes M, for 1sls 
L. The Spectral amplitude Smoothing method computes the 
following amplitude measure for the current Segment. 

L - (72) 
AM = X Mi 

i=1 

NeXt a n amplitude threshold is updated according to the 
following equation, 

2048O if er(0) is .005 and er(0) s 6 (7) 
TM(0) = 

6000 - 300er + T (-1) otherwise 

where tO) and t(-1) represent the value of the amplitude 
threshold for the current and previous frames respectively. 
The two parameters A and t(O)are then used to compute 
a Scale factor Y given below. 

1.O f TM (O) > AM (74) 

YM = O f TM (O) otherwise 
AM 

This scale factor is multiplied by each of the spectral 
amplitudes M, for 1sls L. Note that this step must be 
completed after spectral amplitude enhancement has been 
performed and after V has been computed according to 
Equation 70. The correct sequence is shown in FIG. 12. 

Further description of the preferred embodiment is given 
in the claims. 
We claim: 
1. A method for encoding digital data in which a set of 

quantizer values is encoded into a plurality of bit vectors, 
each quantizer value containing a non-negative number of 
bit locations, the method comprising the Steps of 

assigning each bit location in Said quantizer values a 
weight, the weight weighing more-significant bit loca 
tions more heavily than less-significant bit locations of 
the same quantizer value; 

prioritizing all of Said quantizer bit locations in the order 
of their weight, high priority given to bit locations with 
high weights, and 

partitioning bits associated with Said prioritized bit loca 
tions into contiguous blocks to form bit vectors, 

wherein Some of Said quantizer values represent the 
Spectrum of an acoustic Signal, and bits in a first 
quantizer value are given higher weight than bits of the 
Same Significance in a Second quantizer value. 

2. The method of claim 1 wherein one or more of Said bit 
vectors is encoded with error control codes. 

3. The method of claim 1, further comprising the steps of: 
encoding one or more of Said bit vectors with error control 

codes; 
generating a modulation key from one or more of Said bit 

vectors, and 
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24 
using Said modulation key to modulate one or more of 

Said encoded bit vectors. 
4. The method of claims 1, 2 or 3 wherein some of Said 

quantizer values represent the Spectrum of an acoustic 
Signal, and bits in quantizer values representing lower fre 
quencies are given higher weight than bits of the same 
Significance in other quantizer values representing higher 
frequencies. 

5. The method of claims 2 or 3 wherein a plurality of said 
bit vectors is encoded with error control codes of varying 
redundancy, and Said bit vectors containing higher priority 
bits are encoded with error control codes possessing greater 
than or equal redundancy than the error control codes used 
to encode Said bit vectors containing lower priority bits. 

6. The method of claim 5 wherein said error control codes 
of varying redundancy include Golay codes and Hamming 
codes. 

7. The method of claim 5 wherein said quantizer values 
represent a speech Signal which has been encoded by a 
Speech coder. 

8. A method for decoding digital data in which a plurality 
of quantizer values are represented by a plurality of bit 
VectOrS 

the method comprising the Steps of: 
determining the quantizer bit allocation for each of Said 

quantizer values, 
assigning each bit location in Said quantizer bit allocation 

a weight, Said weight weighing more-significant bit 
locations more heavily than leSS-Significant bit loca 
tions within the same quantizer value, 

concatenating Said bit vectors into a contiguous Sequence 
of bits; and 

Sequentially equating each bit in Said contiguous Sequence 
of bits to one of said bit locations, the order of 
assignment determined by the weight assigned to Said 
location, 

wherein Some of Said quantizer values represent the 
Spectrum of an acoustic Signal, and bits in a first 
quantizer value are given higher weight than bits of the 
Same Significance in a Second quantizer value. 

9. A method for decoding a plurality of quantizer values 
representing quantized speech parameters from digital data, 
the method comprising the Steps of 

dividing Said digital data into one or more frames, 
further dividing each of Said frames into a plurality of 

code Vectors, 
generating a demodulation key from one of Said code 

Vectors, 
initializing a pseudo-random Sequence using Said 

demodulation key; 
using Said pseudo-random Sequence to generate a plural 

ity of binary demodulation vectors, 
generating a plurality of demodulated code Vectors by 

performing modulo 2 addition of Said binary demodul 
lation vectors with Said code Vectors, 

error control decoding a plurality of Said demodulated 
code Vectors to produce a plurality of bit vectors, 

determining the quantizer bit allocation for each of Said 
quantizer values, 

assigning each bit location in Said quantizer bit allocation 
a weight, Said weight weighing more-significant bit 
locations more heavily than leSS-Significant bit loca 
tions within the same quantizer value, 

concatenating Said bit vectors into a contiguous Sequence 
of bits; 
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Sequentially equating each bit in Said contiguous Sequence 
of bits to one of said bit locations, the order of 
assignment determined by the weight assigned to Said 
location; 

computing an error measure by comparing Said demodu 
lated code vectors before error control decoding with 
Said demodulated code Vectors after error control 
decoding; 

comparing Said error measure against a threshold; and 
declaring Said quantizer values invalid if Said error mea 

Sure exceeds Said threshold. 
10. Apparatus for encoding a speech Signal into digital 

data, the apparatus comprising: 
means for Sampling Said Speech Signal to obtain a Series 

of discrete Samples and constructing therefrom a Series 
of frames, each frame Spanning a plurality of Said 
Samples; 

means for analyzing Said frames to extract the parameters 
of a speech coder; 

means for using a quantizer to convert Said parameters 
into a set of discrete quantizer values, 

means for dividing Said quantizer values into a plurality of 
bit vectors; 

means for encoding one or more of Said bit vectors with 
error control codes, 

means for generating a modulation key from one or more 
of Said bit vectors; and 

means for using Said modulation key to modulate one or 
more of Said encoded bit vectors. 

11. Apparatus for decoding speech from digital data 
which has been encoded using the Steps of Sampling a 
Speech Signal to obtain a Series of discrete Samples and 
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constructing a Series of frames from the Series of discrete 
Samples, each frame Spanning a plurality of the Samples, 
analyzing the frames to extract the parameters of a speech 
coder; using a quantizer to convert the parameters into a Set 
of discrete quantizer values, dividing the quantizer values 
into a plurality of bit vectors, encoding one or more of the 
bit vectors with error control codes, generating a modulation 
key from one or more of the encoded bit vectors, and using 
the modulation key to modulate one or more of the encoded 
bit vectors, Said apparatus comprising: 
means for dividing Said digital data into one or more 

frames, 
means for further dividing Said one or more frames into a 

plurality of code Vectors, 
means for generating a demodulation key from one or 

more of Said code Vectors, 
means for using Said demodulation key to demodulate one 

or more of Said code vectors, and 
means for error control decoding one or more of Said 

demodulated code Vectors. 
12. The apparatus of claims 10 or 11 wherein said speech 

coder is one of the following speech coders: Multi-Band 
Excitation (MBE) speech coder, Improved Multi-Band 
Excitation (IMBETM) speech coder, or sinusoidal transform 
speech coder (STC). 

13. The method of claim 1, wherein the first quantizer 
value represents lower frequencies and the Second quantizer 
value represents higher frequencies. 

14. The method of claim 8, wherein the first quantizer 
value represents lower frequencies and the Second quantizer 
value represents higher frequencies. 
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